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1
ACTIVE NOISE REDUCTION HEADPHONE

BACKGROUND

This disclosure relates to active noise reduction and more
specifically to headphones that use multiple feedback micro-
phones for active noise reduction.

SUMMARY

All examples and features mentioned below can be com-
bined in any technically possible way.

In one aspect, an active noise reduction earphone includes
an earphone body, a speaker, a plurality of microphones and
a feedback system. The speaker is attached to the earphone
body and is configured to generate an acoustic signal in
response to a speaker input signal. The microphones are
attached to the earphone body. Each microphone is displaced
from a location of the speaker and from the locations of the
other microphones. Each microphone is configured to gen-
erate a microphone signal in response to an acoustic noise
signal received at the microphone. The feedback system is in
communication with the speaker and the microphones. The
feedback system receives the microphone signals and gen-
erates the speaker input signal. The speaker input signal
includes an inverse noise signal to generate an inverse
acoustic noise signal at the speaker. The inverse acoustic
noise signal substantially cancels the acoustic noise signal at
a predetermined location relative to the speaker and the
microphones.

Embodiments of the active noise reduction headphone
may include one of the following features, or any combi-
nation thereof.

One of the microphones can be located proximate to the
speaker and another one of the microphones can be located
remote to the speaker. One of the microphones can be
located where an acoustic pressure caused by the inverse
acoustic noise signal is substantially equal to an acoustic
pressure caused by the inverse acoustic noise signal inside
the ear canal.

The speaker input signal can include an audio signal and
the inverse noise signal.

The earphone body can be a circumaural earphone body,
a supra-aural earphone body or an intra-aural earphone body.

The feedback system can include a microphone signal
combiner that is in communication with the microphones. In
one example, the microphone signal combiner generates a
signal that is a sum of the microphone signals generated by
the plurality of microphones. In another example, the micro-
phone signal combiner applies a weight to at least one of the
microphone signal so that the sum of the microphone signal
is a weighted sum.

In another aspect, a method for active noise reduction is
provided. The method includes generating a first signal
responsive to an acoustic noise signal at a first location in an
acoustic cavity, generating a second signal responsive to the
acoustic noise signal at a second location in the acoustic
cavity, and combining the first and second signals to form a
combined signal. The second location is separate from a
speaker and from the first location. The method further
includes generating an inverse noise signal in response to the
combined signal and generating an inverse acoustic noise
signal in the acoustic cavity in response to the inverse noise
signal. The inverse acoustic noise signal substantially can-
cels the acoustic noise signal at a predetermined location in
the acoustic cavity.
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Embodiments of the method may include one of the above
and/or below features, or any combination thereof.

The first location may be proximate to the speaker. The
predetermined location may be an ear canal.

Combining the first and second signals can include sum-
ming the first and second signals. A weight can be applied
to at least one of the first and second signals prior to
summing the first and second signals.

The method can further comprise generating at least one
additional signal responsive to an acoustic noise signal at a
location that is separate from the speaker and from the first
location, the second location and any other location for
which any other additional signal is generated. In this
example, the combined signal can include a combination of
the first signal, second signal and additional signals.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is an illustration of an embodiment of an active
noise reduction headphone.

FIG. 2 is a block diagram of a logical arrangement of a
feedback loop for use in the earphones of the headphone of
FIG. 1.

FIG. 3A and FIG. 3B are an internal view and a cross-
sectional side view, respectively, of an earphone for an
active noise reduction headphone.

FIG. 4 is a flowchart representation of an embodiment of
a method for active noise reduction for an earphone.

FIG. 5 is a plot of measured non-minimum phase as a
function of frequency for three different microphone con-
figuration arrangements for an earphone.

FIG. 6 is a plot of the measured transfer function for a
single microphone configuration in an earphone and an
embodiment in which two microphones are provided in an
earphone.

FIG. 7 is a plot of the cancellation that can be achieved as
a function of frequency for an earphone having a single
microphone and for an embodiment of an earphone having
a dual microphone configuration.

DETAILED DESCRIPTION

Active noise reduction (ANR) headphones and other
physical configurations of personal ANR devices with ear-
phones worn about the ears of a user for purposes of
isolating the user’s ears from unwanted environmental
sounds have become commonplace. ANR headphones in
which unwanted environmental noise sounds are countered
with the active generation of anti-noise sounds have become
prevalent, even in comparison to headphones or ear plugs
employing only passive noise reduction technology, in
which a user’s ears are simply physically isolated from
environmental noise sounds.

ANR headphones may use feedback or feed-forward
control systems, or a combination of the two. Feedback
based ANR headphones typically utilize a feedback system
that includes a microphone positioned at a location that is
near the ear of a user and also near the earphone speaker. A
feedback circuit attempts to reduce the energy in the micro-
phone signal generated as a result of the acoustic noise to
zero. To cancel the noise signal sensed by the microphone,
a compensating signal is generated that is 180° out of phase
with the sensed noise signal. Due to the distance between the
speaker and the microphone, the phase difference between
the noise signal at the speaker and the noise signal received
at the microphone increases with increasing frequency. Thus
the higher frequencies may be subject to a significant phase
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difference based on the separation of the microphone and the
speaker, resulting in a bandwidth limitation on the feedback
system. Lower frequencies are more readily canceled while
increasingly higher frequencies become more difficult to
cancel until, above some frequency, cancellation is not
possible.

The acoustic signals can vary according to location in an
earphone, therefore it is typically desirable to provide the
microphone at a location near the ear to more accurately
determine the noise received at the ear. However, the phase
difference at a given frequency increases according to the
increased distance from the speaker, thus any benefit from
locating the microphone near the ear is at least partially
negated. The location of the microphone in the headphone is
generally selected to balance these two competing effects,
and this location typically differs according to the variations
in dimensions for different types of earphones. Moreover,
the frequency range for which ANR can be effectively
implemented generally varies between different types of
earphones.

The present teaching will now be described in more detail
with reference to various embodiments thereof as shown in
the accompanying drawings. Reference in the specification
to “one embodiment” or “an embodiment” means that a
particular feature, structure or characteristic described in
connection with the embodiment is included in at least one
embodiment of the teaching. References to a particular
embodiment within the specification do not necessarily all
refer to the same embodiment. While the present teaching is
described in conjunction with various embodiments and
examples, it is not intended that the present teaching be
limited to such embodiments. On the contrary, the present
teaching encompasses various alternatives, modifications
and equivalents, as will be appreciated by those of skill in
the art. Those of ordinary skill having access to the teaching
herein will recognize additional implementations, modifica-
tions and embodiments, as well as other fields of use, which
are within the scope of the present disclosure as described
herein.

In brief overview, the invention relates to a method and to
an active noise reduction earphone that includes an earphone
body, a speaker, a plurality of microphones and a feedback
system. Each of the microphones is displaced from the
speaker and the other microphones, and generates a micro-
phone signal responsive to received acoustic noise. The
feedback system receives a combination of the microphone
signals and generates an inverse noise signal that is applied
to the speaker. The speaker generates an inverse acoustic
noise signal that substantially cancels the acoustic noise
signal at a predetermined location relative to the speaker and
the microphones.

Advantageously, the method and earphone allow for
improved performance, for example, by increasing the noise
reduction bandwidth, and can generally improve the can-
cellation capability when compared to conventional ear-
phones based on a noise cancellation feedback system
employing a single microphone.

FIG. 1 shows an active noise reduction headphone 10 that
includes two earphones 14 connected by a headband 18. As
illustrated, each earphone 14 includes an earphone body
having a cup-shaped shell 22 and a cushion 26. The head-
band 18 exerts a force in an inward direction as represented
by arrows 30 so that the cushion 26 is urged against the head
of a user and surrounding the ear (typically referred to as
circumaural) to enclose an acoustic cavity which may
include the outer ear and ear canal. In alternative configu-
rations, the earphone body may have a different form and
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may be urged against the ear of the user (typically referred
to as supra-aural) to enclose an acoustic cavity, which may
include the outer ear and ear canal, or urged into the ear
canal (typically referred to as intra-aural) to define an
acoustic cavity which may include the ear canal. Intra-aural
headphones may be implemented without the headband 18
by inserting a portion of the earphone into the ear canal.

Referring to FIG. 2, a block diagram illustrates the logical
arrangement of a feedback loop 32 in an embodiment of an
ANR headphone. A signal combiner 34 is coupled to a
terminal 38 to receive an optional input audio signal V; and
is in communication with a feedback preamplifier 42 and a
compensator 46 which is in turn coupled to a power ampli-
fier 50. The power amplifier 50 is in communication with an
acoustic driver (i.e., speaker) 54 in a cavity represented by
dotted line 58. The cavity 58 is formed when one of the
earphones of the ANR headphone is pressed into, against or
around a user’s ear.

A combiner 62 present within the cavity 58 is not a
physical element but instead functionally represents the
summation of acoustic noise P, entering the cavity 58 from
the external environment and the acoustic energy P radiated
into the cavity 58 from the speaker 54. The summation
results in acoustic energy P, within the cavity 58, repre-
sented as P,, for the acoustic energy received at a first
microphone 66A and P, for the acoustic energy received at
a second microphone 66B. The acoustic energy received at
the two microphones 66 is different because the micro-
phones 66 are at different locations inside the earphone.
More specifically, the acoustic energy from the speaker 54
that is received at each microphone 66 is different and the
external acoustic noise energy received at each microphone
66 is different. The microphones 66 are in communication
with a microphone signal combiner 70. By way of example,
if the microphones 66 provide a current having a magnitude
that is responsive to the amplitude of the received acoustic
energy, the microphone signal combiner 70 may be a resis-
tance load that is common to the outputs of both micro-
phones 66. Thus the current through the resistive load is the
sum of the currents from the two microphones 66. In another
example, if each microphone 66 generates an output voltage
that is responsive to the amplitude of the received acoustic
energy, the microphone signal combiner 70 may be a serial
configuration of separate resistive loads. In yet another
example, if the microphones 66 output digital signals
numerically representing the amplitude of the received
acoustic energy, the microphone signal combiner 70 may be
a digital adder, and may be implemented within a DSP or
other microprocessor. In some embodiments, the DPS or
microprocessor may not simply perform a summing function
but instead may process the microphone signals according to
one or more algorithms that may include frequency-depen-
dent processing. The acoustic elements of FIG. 2, including
the speaker 54, the two microphones 66 and the cavity 58,
are referred to as the “acoustic block” 74. Any or all of the
electronic elements (i.e., 34, 42, 46, 50, and 70) in FIG. 2
may be implemented in analog or digital circuitry, including
digital signal processors, with appropriate analog-to-digital
and digital-to-analog converters added where necessary.

Reference is now made to FIG. 3A and FIG. 3B which
show an end view and a cross-sectional side view, respec-
tively, of an earphone 14'. One of the microphones 66A is
located close to the coil of speaker 54, for example, it may
be mounted on some mechanical feature in front of the
speaker, between the speaker 54 and the ear. The other
microphone 66B is located at a greater distance from the
speaker 54, for example, off to the side near the inner surface
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of shell 22. In some embodiments the second microphone
668 is remotely located such that it is closer to the ear when
the headphone is worn by a user, although this is not a
requirement.

Referring again to FIG. 2, in operation, an amplified error
signal V is combined subtractively with an input audio
signal 14 at signal combiner 34 which in turn provides the
differentially summed signals to the compensator 46. If no
input audio signal is present, the inverted error signal -V
is simply provided to the compensator 46. The compensator
46 provides phase and gain margin to meet the Nyquist
stability criterion. Increasing the phase margin can extend
the bandwidth over which the system remains stable, can
increase the magnitude of feedback applied over a frequency
range to increase active noise reduction, or both. Compen-
sation, which includes applying a pattern in which the
magnitude varies with frequency, is similar to the process
called “equalization” and for the purposes of this specifica-
tion an equalization that is applied within feedback loop 32
is equivalent to compensation. There may be other equal-
izations in the loop 32; for example audio signal V, may be
equalized prior to being applied to signal combiner 34.
Power amplifier 50 amplifies the compensated signal and
provides the amplified signal to the speaker 54. The speaker
54 transduces the amplified signal to acoustic energy, which
combines with noise P; entering the cavity 58 to form
combined acoustic energy P,. Each microphone 66A and
66B transduces received acoustic energy P,, and P,
respectively, to a corresponding microphone signal I, and I,
respectively. The two microphone signals I, and I, are
summed or otherwise combined at the microphone signal
combiner 70, for example, into a voltage V - representing the
combined microphone signals. The combined signal V,, is
amplified by preamplifier 42 and presented subtractively as
an error signal V to the signal combiner 34.

The closed loop transfer function of the circuit of FIG. 2
is

Po  EBD
V, ~ 1+ EBDMA

where E, B, D, M and A represent the frequency dependent
transfer functions of the compensator 46, the power ampli-
fier 50, the speaker 54, the microphone network (micro-
phones 66A and 66B, and microphone signal combiner 70)
and the feedback preamplifier 42, respectively. If the
EBDMA term of the denominator is -1 (i.e., the equivalent
of IEBDMAI| equal to one and a phase angle of -180°, the
circuit is unstable. It is therefore desirable to arrange the
circuit so that the there is a phase margin (as described
below) so that the phase angle of EBDMA does not approach
-180° for any frequency at which IEBDMAI is greater than
or equal to one. For example, if the circuit is arranged so that
at any frequency at which IEBDMA is greater than or equal
to one, the phase angle is not more negative than -135°, the
phase margin is at least 45° (i.e., 180°-135°). Stated differ-
ently, to maintain a typical desirable phase margin of no less
than 45°, the phase angle of EBDMA at the crossover
frequency (the frequency at which the gain of EBDMA is
unity or 0 dB) should be less than or equal to —135°. Causing
the phase of transfer function EBDMA to be less negative in
the vicinity of the crossover frequency can allow an increase
in the crossover frequency, thereby extending the effective
bandwidth of the system.
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6

Changes of phase angle as a function of frequency are a
result of at least two causes: time delays and phase shifts
associated with the magnitude of the transfer functions E, B,
D, M and A, which may be frequency dependent. Time
delays (e.g., the time delays between the radiation of acous-
tic energy by the speaker 54 and the arrival of the acoustic
energy at each of the microphones 66A and 66B) act as a
phase shift that is linear as a function of frequency. Other
examples of time delays are delays in signal processing
components. Phase shifts associated with transfer functions
E, B, D, M and A are typically variable with respect to
frequency. It is desirable to reduce time delays and to reduce
or compensate for phase shifts associated with transfer
function EBDMA so that the phase angle of the circuit does
not approach —180° and preferably does not exceed -135°
for frequencies at which the magnitude of EBDMA exceeds
unity (i.e., 0 dB).

In contrast to a conventional earphone in which a single
microphone is employed in a feedback loop to reduce or
eliminate external acoustic noise, embodiments of the ear-
phone (such as those according to FIG. 2 and FIGS. 3A and
3B) where two or more microphones are placed within the
cavity can better manage acoustic variations within the
cavity and accommodate the acoustic field at a user’s ear.
The particular types of microphones and the location of the
microphones with respect to each other and the earphone
body are selected to achieve a desired level of performance
according, at least in part, to the geometry of the earphone
and the resulting acoustic cavity. A microphone located near
the speaker has a small time delay. In contrast, a microphone
at a greater distance from the speaker will have a greater
time delay; however, the proximity to the ear allows the
microphone to more accurately sample the acoustic energy
received at the ear. Moreover, the use of two or more
microphones can result in improved performance for the
earphone.

FIG. 4 is a flowchart representation of an embodiment of
a method 100 for active noise reduction. The method
includes generating (110) a first signal that responds to an
acoustic noise signal at a first location in an acoustic cavity
and generating (120) a second signal that responds to the
acoustic noise signal at a second location in the acoustic
cavity. The first and second locations are preferably separate
from each other and from an acoustic speaker within the
cavity. The first and second signals are combined (130), for
example, by summing a current or a voltage corresponding
to the first and second signals. In an optional further embodi-
ment, different weights and/or processes are applied to the
first and second signals as part of the combination process,
for example, by providing differing gains, attenuations or
filters. An inverse noise signal is generated (140) in response
to the combined signals. An inverse acoustic noise signal is
generated (150) in the acoustic cavity in response to the
inverse noise signal. The inverse acoustic noise signal
substantially cancels the acoustic noise signal at a predeter-
mined location in the acoustic cavity. The predetermined
location may be the location of a user’s ear canal.

In further embodiments of the method 100, one or more
additional signals that are responsive to the acoustic noise
signal at additional locations within the acoustic cavity are
used. In such embodiments, the combined signal includes a
combination of the first signal, the second signal and the one
or more additional signals.

FIG. 5 illustrates the measured non-minimum phase of
three signals as a function of frequency. The signal with the
least measured non-minimum phase and the signal with the
greatest measured non-minimum phase correspond to the



US 9,445,184 B2

7

signal from the single microphone 66A near the speaker 54
and the single microphone 66B furthest from the speaker 54,
respectively (see FIG. 3A and FIG. 3B). The signals were
measured using microphones 66 having the same sensitivity.
The measured non-minimum phase for microphone 66A is
nearly linear across the measured frequencies because the
non-minimum phase variation is due primarily to time delay.
The combination of the signals from both microphones 66
using a parallel load coupling configuration yields a non-
minimum phase that is nearly identical to the non-minimum
phase for the signal from the single microphone 66A closest
to the speaker 54 at lower frequencies and is only slightly
greater at the higher frequencies. Thus the utilization of a
second microphone does not result in a substantial degra-
dation to the non-minimum phase

1 )(NON— MINIMUM PHASE]]

(TIME DELAY = (FREQUENCY 360°

FIG. 6 illustrates the transfer functions of the two con-
figurations. More specifically, the figure shows (1) the
output voltage of the single microphone 66A relative to the
input voltage of the speaker 54 and (2) the output voltage of
the combined signals of the two microphones 66A and 66B
relative to the input voltage of the speaker 54. The parallel
microphone configuration exhibits higher signal at frequen-
cies below about 2 KHz.

FIG. 7 illustrates noise cancellation that can be achieved
as a function of frequency.

At frequencies below approximately 2 KHz, the two
microphone configuration yields a substantial performance
improvement over a feedback system employing only the
single microphone 66A closest to the speaker 54. For
example, there is an approximately 15 dB improvement at
700 Hz and an approximately 9 dB improvement at 1 KHz.
For frequencies above approximately 2 KHz, the perfor-
mance for the two configurations is approximately the same;
however, at these higher frequencies, noise cancellation
requirements are generally substantially reduced, especially
in earphones having high passive noise reduction perfor-
mance. The substantial performance improvement of the
two microphone configuration results in an increased effec-
tive ANR bandwidth. For example, the 0 dB maximum
cancellation for the two microphone configuration occurs at
approximately 2 KHz versus at approximately 700 Hz for
the single microphone 66A near the speaker 54.

Thus the benefit of the two microphone configuration is
the improved bandwidth and performance of the ANR
system at lower frequencies without significant impact on
delay. It should be noted that if the single microphone 66B
near the ear were used instead of the single microphone 66A
near the speaker, one could achieve a similar improvement
in performance; however the phase delay would be signifi-
cantly adversely affected and the bandwidth would be nar-
rower.

In other embodiments, three or more microphones may be
used and advantages similar to embodiments utilizing two
microphones are realized. The increased number of micro-
phones provides the capability to sample the acoustic energy
at additional locations that can provide benefits when stand-
ing modes are present. The microphone signals may be
combined equally. Alternatively, the microphone signals
may be weighted differently to achieve a desired cancella-
tion performance, or even processed individually using a
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different method. In other words, N microphones may be
processed using M methods that result in a single feedback
error signal V.

A number of implementations have been described. Nev-
ertheless, it will be understood that additional modifications
may be made without departing from the scope of the
inventive concepts described herein, and, accordingly, other
embodiments are within the scope of the following claims.

What is claimed is:

1. An active noise reduction earphone, comprising:

a speaker configured to generate an acoustic signal in
response to a speaker input signal;

a plurality of feedback microphones each fixed in location
relative to the speaker and to each of the other feedback
microphones, each of the feedback microphones con-
figured to generate a microphone signal in response to
an acoustic noise signal received at the feedback micro-
phone; and

a feedback system in communication with the speaker and
the plurality of feedback microphones, the feedback
system combining the microphone signals generated by
the plurality of feedback microphones into a single
feedback error signal and generating the speaker input
signal in response to the single feedback error signal,
wherein the speaker input signal comprises an inverse
noise signal to generate an inverse acoustic noise signal
at the speaker that reduces the acoustic noise signal at
a predetermined location relative to the speaker and the
feedback microphones.

2. The active noise reduction earphone of claim 1 wherein
one of the feedback microphones is disposed at a location
proximate to the speaker and another one of the feedback
microphones is disposed at a location remote to the speaker.

3. The active noise reduction earphone of claim 1 wherein
the speaker input signal comprises an audio signal and the
inverse noise signal.

4. The active noise reduction earphone of claim 1 further
comprising an earphone body.

5. The active noise reduction earphone of claim 4 wherein
the earphone body comprises one of a circumaural earphone
body, a supra-aural earphone body and an intra-aural ear-
phone body.

6. The active noise reduction earphone of claim 1 wherein
one of the feedback microphones is disposed at a location
where an acoustic pressure caused by the inverse acoustic
noise signal at the location is substantially equal to an
acoustic pressure caused by the inverse acoustic noise signal
inside the ear canal.

7. The active noise reduction earphone of claim 1 wherein
the feedback system comprises a microphone signal com-
biner in communication with the plurality of feedback
microphones.

8. The active noise reduction earphone of claim 7 wherein
the microphone signal combiner generates a signal that is a
sum of the microphone signals generated by the plurality of
feedback microphones.

9. The active noise reduction earphone of claim 8 wherein
the microphone signal combiner applies a weight to at least
one of the microphone signals and wherein the sum of the
microphone signals is a weighted sum.

10. The active noise reduction earphone of claim 8
wherein the microphone signals are electrical current signals
provided at an output of each of the feedback microphones
and wherein the microphone signal combiner comprises a
resistance load that is common to the outputs of the feedback
microphones.
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11. The active noise reduction earphone of claim 8
wherein the microphone signals are voltage signals and
wherein the microphone signal combiner comprises a serial
configuration of resistive loads, the voltage signal from each
of the feedback microphones being provided across a
respective one of the resistive loads.

12. The active noise reduction earphone of claim 8
wherein the microphone signal combiner comprises a micro-
processor configured to perform digital addition.

#* #* #* #* #*
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